The objective of sound field control is to make the acoustic characteristics of a listening room close to those of the desired system. Conventional methods apply feedforward controllers, such as digital filters, to achieve this objective. However, feedback controllers are also necessary in order to attenuate noise or to compensate the uncertainty of the acoustic characteristics of the listening room. Since acoustic characteristics are well modeled on the frequency domain, it is efficient to design controllers with respect to frequency responses, but it is difficult to design a multi input multi output (MIMO) control system on a wide frequency domain. In the present study, a partial model matching method on the frequency domain was adopted because this method requires only sampled data, rather than complex mathematical models of the plant, in order to design controllers for MIMO systems. The partial model matching method was applied to design two-degree-of-freedom controllers for acoustic equalization and noise reduction. Experiments demonstrated effectiveness of the proposed method.
Introduction
Sound field control attempts to improve acoustic characteristics by controlling reverberations, echoes and noises. Possible applications of the approach include noise reduction in automobiles or airplanes to dampen the noise from outside the cabin and sound field reproduction for a concert hall or a home theater system. Owing to the recent development of digital signal processors, sound field control has been achieved by utilizing a head-related transfer function (HRTF) (1) or inverse system of the plant (2) - (4) . For example, the ideal acoustic response of a famous concert hall could be realized by computing the convolution of its impulse response in real time (5) , (6) . However, this approach encounters difficulties when the acoustic characteristics of the controlled room or speakers are different from the nominal model. Therefore, a feedback sound field control is needed to compensate variance of the plant taking its acoustic characteristics into account. In particular, this method is essential when an external disturbance, such as noise from an air conditioner, exists. In applying the feedback control approach, the acoustic characteristics of the plant are required in order to show the stability of the system. However, the dynamics of the sound field usually cover a broad frequency band and are usually significantly complicated to model. From this viewpoint, methods to design the sound field controller directly from measured data sets are needed. Furthermore, controller design directly from frequency responses will be effective since the characteristics of sound For mechanical vibration control, partial model matching on the frequency domain (7) - (9) has been proposed based on this concept. Itayama (10) applied a method for monaural sound field control in order to attenuate noise. In the present study, a two-degree-of-freedom controller design (11) based on partial model matching is proposed to achieve noise reduction and acoustic characteristics control simultaneously. The remainder of the present study is organized as follows. In §2, a model of the acoustic field in a room is described. In addition, the control objective and the controller design for this objective are given. The proposed method is shown in §3, and its effectiveness is demonstrated through experiments in §3.1. Finally, conclusions are presented in §4.
Controller Design

Problem Statement
In the present study, we consider a stereo sound system, which is one of the simplest acoustic structures, to realize an ideal sound field (12) . The plant is modeled as a 2-input, 2-output linear system, and the structure of the sound field controller is designed as shown in Fig. 1 . The acoustic characteristics model of the room, G(s), is defined as the following 2×2 transfer function matrix:
where g i j (s)(i, j = 1, 2) represent stable transfer functions. Similarly, linear controllers are denoted as C FB (s) and C FF (s), and are given as follows:
where d FB i j (s) and d FF i j (s)(i, j = 1, 2) denote stable polynomials and n FB i j (s) and n FF i j (s)(i, j = 1, 2) are denoted as follows:
where c FB i jl and c FF i jl represent parameters of the controller, which are derived later herein, and r FB and r FF are, respectively, the numbers of these parameters. The sound signal from the sound source is denoted as r(s). y(s), W d (s) and v(s) represent the sound signal measured by microphones, the transfer function matrix from a noise source to the microphones, and the noise signal, respectively. In the present study, the control objective is given as the reduction of noise and making the acoustic characteristics from the sound source to the microphones resemble the desired characteristics as closely as possible. Let I be a 2×2 identity matrix, and define H 0 (s) = I + G(s)C FB (s). Assume that H 0 (s) is not singular. Define H yr (s) and H yv (s) as follow: The transfer function from r(s),v(s) to y(s) can then be written as
(1) Figure 2 shows an equivalent system to that shown in Fig. 1 , which shows a block diagram of Eq. (1). Consider the reference system (shown in Fig. 3 ), which gives the desired output y M (s) to the input r(s) and noise v(s). Then, the control objective can be achieved when G(s)C FB (s) and H yr (s) become close enough to G M FF (s) and G M FB (s), respectively. The distance between transfer functions on the frequency domain is considered to be the cost of optimization under stability conditions in order to derive the controller parameters, because the frequency response is considered to be an important feature for sound field control. Given C FB (s) and letting
H yr (s) becomes close to G M FF (s) whenG(s)C FF (s) becomes close toG M FF (s), which has the same form to design C FB (s). Hence, the controllers C FB (s) and C FF (s) can be designed by solving optimization problems that have the same form in order.
Reference Model 2.2.1. G M FB (s)
Since it is known that practical noise, such as noise from a fan, has impulsive power on the frequency domain (13) , noise with a steady discrete power spectrum is considered in the present paper. Let the noise characteristics W d (s) be given by a 2 × 1 transfer function matrix, and let the noise source be modeled as a white sound source. Noise attenuation can be achieved by designing G(s)C FB (s) to make the sensitivity of the noise transfer function H 0 (s)
gives the control objective, can be given as (I + G M FB (s)) −1 W d (s) and suppresses the noise transfer function. For example, the minimum phase transfer function matrix, which satisfies
, is a candidate for an appropriate k. In the present study, G M FB (s) is defined as a matrix having diagonal elements of minimum phase and with a gain response close to that of W d (s), as follows: 
G M FF (s)
In the present study, sound equalization, which gives the transfer function with an almost "flat" gain response, is considered as the control objective. However, since the response is perceived to be natural when the gain in the higher frequency domain gradually decreases, G M FF (s) is designed as a diagonal dominant matrix so that its diagonal elements are stable rational polynomials with low pass properties.
where γ d1,2 , γ n1,2 and c FF are defined by taking the desired performance into account. The controller is designed only for making the shape of the frequency response "flat", and not for controlling the loudness, because the loudness should be able to be varied according to the requirements of the listeners. Therefore, γ d is designed to be close to the mean gain of the system without control.
Cost Function
Generally, the frequency band of interest for sound field control is broad from approximately 10 Hz to 30 kHz, and the frequency response is significantly complicated. Therefore, it is difficult, or impossible in some cases, to make the characteristics of the plant correspond rigorously to the desired characteristics. Human acoustic perception cannot distinguish a gain perturbation of a few dB or a phase difference at a high frequency. Thus, the sound field control objective can be achieved even if the controlled acoustic characteristics are not rigorously equal to, but rather are sufficiently close to, those of the reference model. This closeness should be defined on the frequency domain because the property of the sound field is well modeled on the frequency domain. From this, in the present study, a cost function that represents this "distance" from the desired reference model to the plant is designed by taking human acoustic perception into account.
First, C FB (s) is considered. A cost function is defined to give the distance between the frequency response of the reference model and that of the plant on a finite selected frequency. These frequencies are called matching frequencies and are denoted as ω FB k . Let a set contain the following matching frequencies:
where N FB represents the number of elements.
Define the following function:
Here, gc FB iq (s) and g M FB iq (s) represent elements i and q of G(s)C FB (s) and G M FB (s), respectively, and η is a small positive constant. Now, we define the cost function on Ω FB by using the above equation as follows:
Recalling that only rough matching is required, the cost function is modeled by a function with a dead zone of width δ iq [dB] . Summing Eq. (3) over i and q on ω ∈ Ω FB , the overall cost function J FB is defined as
For C FF (s), a cost function and a set of matching frequencies are defined similarly and are denoted as J FF and Ω FF , respectively.
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Constraints
The stability of the system must be considered for a system such as that shown in Fig. 1 , which contains a feedback loop. A feedforward compensator C FF (s) is designed to be stable, and only the stability of the feedback system need be considered. Following (7) - (9) , stability constraints based on Rosebrock's theorem (14) are introduced. As in the case of the above cost functions, constraints are considered on a finite number of frequencies, which are referred to as constraint frequencies. Next, consider sets of N d and N nd constraint frequencies, denoted as Ω d and Ω nd , respectively. When the following inequalities hold, the system is stable (7) - (9) :
where ζ i and α i are defined to satisfy
Summarizing the above, the parameters of the controller C FB (s) can be computed by minimizing the cost (4) under constraints (5) and (6) . Furthermore, the parameters of the controller C FF (s) can also be determined using the same approach for the derived controller C FB (s). In the present study, the optimization problems were solved by utilizing the MATLAB Optimization Toolbox (15) with appropriate initial values.
Application
Results of experiments using an actual audio system are shown to confirm the validity of the proposed method above. Figure 4 and Table 1 represent a block diagram of the system and its specifications, respectively. The sound field to control was an ordinary 6 m by 6 m room with a height of 2.7 m. Two audio speakers were placed 2.5 m apart. The listening point was located 1.7 m from both speakers, and two microphones were utilized for recording music. The analog signal received by the microphones were sampled at 24 bits and 44.1 kHz by a digital mixer and were processed by a digital signal processor (DSP). The reference signal and the control signal were sent to the digital mixer and were amplified by the speakers. Signals processed by the DSP were recorded on the memory of a personal computer (PC). In Fig. 4 , the Mixer, Amp. Speaker, Room and Mic. components corresponded to plant G(s) shown in Fig. 1 , and controllers C FF (s) and C FB (s) were implemented on the DSP. Control input (u in Fig. 4 ) and output (y in Fig. 4) are digital acoustic signals from the DSP, which correspond to the command voltage sent to the speakers and the sampled voltage of the acoustic signals from the microphones, respectively. Note that these digital signals were appropriately scaled by the amplifier in order to maintain the required resolution. 
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The impulse responses of the room were measured by utilizing the time stretched pulse (TSP), the details of which are shown in the appendix (16) , because the transfer functions of the room are required in order to design the controller using the proposed method. Figures  5 and 6 show the measured impulse responses and frequency responses, respectively. Figure  6 shows that the frequency response has a gentle curve and small gains in the low-frequency domain. Note that these responses include the responses of speakers and microphones. In the present study, the sinusoidal noise at 500 kHz, which has a discrete spectrum, was added as a simple example. The noise was added to the signal sent to the speakers. 
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The reference model G M FB (s) had a peak of gain at 500 Hz in order to suppress external noise, and the gain of G M FF (s) was designed to be close to that of Fig. 6 over the frequency range of human hearing, and to decay gradually over 10 kHz. The gain responses of G M FB (s)(diagonal) and G M FF (s) are shown in Fig. 7 and Fig. 8 , respectively.
The denominator of the controller was defined using the reference model as a continuous time system, and other parameters were computed by the proposed method with the design parameters summarized in Table 2 .
The controller derived by the proposed method is a continuous time system, but the actual experimental system contained sampler and holder in the digital mixer and the audio signals were processed as a discrete time system on the DSP. Since the frequency range of interest was sufficiently lower than the sampling frequency in the experiment, the discretized continuous controller was expected to maintain its performance. Hence, the derived continuous controller was digitized by bilinear transformation for the experiment. The designed discrete time controller is shown in Eq. (7).
Experiment
In this section, the results of the experiment to examine the system shown in Fig. 4 using the derived controller are described.
In the first experiment, r(t) was maintained as 0 in order to validate the noise reduction performance. The controller was activated after the first 1.5 seconds. Figure 9 shows the output of the system y(t), which was recorded by the microphones. The horizontal and vertical axes show the time and the digitized microphone voltage, respectively. The figure shows that the controller succeeded in suppressing the noise to below 1 5 . The authors listened the measured signal using headphones and confirmed that the noise was sufficiently reduced when the controller was activated.
Next, the TSP signal was input as the reference signal r(t) in order to validate the sound equalization with feedback/feedforward controllers. The frequency response of the system is shown in Fig. 10 . Compared to the original plant (Fig. 6) , the overall response became "flat", and diagonal responses were larger than non-diagonal components. It can be concluded that the overall shape of the transfer characteristics were well controlled. However, the gain of the low-frequency range was not significantly improved, and that of the high-frequency range was not well attenuated. The reasons for this are thought to be as follows:
• Poor performance in the low-frequency range was less than 100 Hz, as shown in Fig.  6 . Since the nominal acoustic performance of the speaker used for the experiment was from 38 Hz to 35 kHz, the lack of improvement might be caused by the fact that the performance of the experimental system itself was limited.
• Because the feedforward controller is designed to compensate the distortion caused by the feedback controller, which reduces noise, C FF (s) is strongly effected by C FB (s). In the present study, C FF (s) was designed by a low-order (3rd-order) controller from the viewpoint of computation complexity, and this might limit the improvement of frequency response at a higher range. A "flat" response was achieved even in the higher-frequency range in the actual experiment, and an auxiliary approach, such as the use of a filtered reference input G M FF (s)r(s), instead of raw input r would be effective to achieve the desired response.
• The method of using the TSP to measure the frequency response is based on the shorttime input-output relation, which can lead to inaccurate observation. In the experiment, the external noise in the low-frequency range was well attenuated owing to the well-tuned noise reduction controller, but this inaccuracy might degrade the performance in the higher-frequency range as the performance of the sound equalization was deteriorated.
Based on the above findings, the proposed controller succeeded in attenuating noise. Sound equalization with noise reduction was also achieved, but improvement in the low-and higher-frequency ranges is still needed.
Conclusion
In the present study, a sound field controller design method was proposed, and the following findings were confirmed:
• The design method for sound equalization with noise reduction achieved by 2-DOF controller was proposed. This method does not require complicated mathematical plant models; rather measured acoustic data is used directly.
• In order to show the validity of the proposed method, a 3rd-order linear controller was designed using the method for the actual experimental system. The results indicated that the controller was effective for single-spectrum noise, and the desired frequency response was approximated.
Only a single sinusoidal noise in the low-frequency range (500 Hz) was considered herein, more general noises, such as noises with multiple impulsive spectra, should be considered. More accurate sound equalization is also needed.
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A Time Stretched Pulse(TSP)
In the present paper, the TSP was used to measure the frequency responses of the room by following (16) .
The TSP is a modified impulse having a phase that is given by the square of the frequency, and can be considered as a signal having a stretched time axis. On the frequency domain, the unit TSP signal is defined as follows: 
) X(N T S P − n) (
Journal of Advanced Mechanical Design, Systems, and Manufacturing JAMDSM Vol.1, No.1, 2007 where N T S P represents the number of signals, and m defines the ratio of the effective period of N TS P points. In the present study, N TS P and m were 66, 150 and 1 4 , respectively. This means that the 44.1-kHz sampled pilot signal was sustained for 1.5 seconds, and the tone of the signal was sustained for 0.375 seconds. The inverse of Eq. (8) ≤ n ≤ N TS P )
In the present study, the inverse Fourier transformed signals of Eqs. (8) and (9) at 44.1 kHz, which are denoted by x(t) and x −1 (t), respectively, were utilized.
Consider the system in which the transfer function is denoted as H(z −1 ). Denote the output as y(t) when x(t) is input to the system. The impulse response of the system can then be obtained by computing the convolution of y(t) and x −1 (t). When the measurement noise output to y(t) increases, the ensemble average of the measured TSP responses can be used to reduce the effect of noise. The average of 10 TSP responses was used in the present study to measure the impulse response of the room. 
